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Introduction
This report provides the background, rationale, and documentation for a project completed during the summer of 2014 as part of a SEAP (Science and Engineering Apprenticeship Program) student project. While there has been a recent push for increased focus on environmental sound research, this thrust of research has revealed that unlike speech and music no standards for research-quality stimuli been established. Further, there are no widely accepted definitions or normative data for documenting "common environmental sounds". This technical report reviews the recent research on environmental sound perception as well as provides basic information on user search behavior and database design. Also included is a description of how the sounds included in the pilot version of the sound library were obtained Some sounds that are representative of sources present in many everyday environments were not available in the public domain and were recorded at the Environment for Auditory Research (EAR) facility. Therefore, quality and measurement standards for those recordings are included here. It is important to point out that creation of an environmental sound database is a complex, multifaceted problem. To move from conceptualization to implementation, experts in psychology, acoustics, linguistics, software engineering, and user experience must work together to make this problem tractable.
Environmental Sound Perception
Environmental sounds are ubiquitous, but like music and art, ubiquity does not always lend itself to well-defined structure or definition. From an ecological perspective, VanDerveer (1979) defines environmental sounds as both causal and meaningful, where meaning is derived from their causality. That is, environmental sounds are not meaningful as a collection of individual descriptive acoustic features but are defined by the listener in the context of the event that produced the sound they are hearing. This listener-centric definition is intuitive and descriptive; however, it does little to facilitate an understanding of what aspects of environmental sounds are important for perceptual decisions such as recognition, identification, and discrimination.
Work in psychophysical acoustics has revealed basic low-level properties that influence perceptual decisions. For example, changes in frequency are perceived as changes in pitch, changes in sound level are perceived as changes in loudness, and changes in harmonic structure are perceived as changes in timbre (Moore 2012). All of these examples are fundamental aspects in the perception of any sound. However, complex sounds are more than combinations of single discrete properties. For more than a century, much of the auditory perceptual work has focused on simple and easily defined laboratory-generated stimuli. This has helped to establish a very good understanding of basic human hearing, but the generalization of these types of simple relationships to the complexity that is relevant to real-world listening is unclear. Indeed, there are many examples of how perception qualitatively changes with increased complexity. In the discrimination of tone sequences, simply adding tones to the sequence and/or varying the serial position of each tone in the sequence can dramatically affect discrimination performance (Watson et al. 1975) . Even changing the spectral makeup of nonsimultaneous contextual sounds can cause significant shifts in perceptual functions. This is true of both leading contextual sounds (Ronken 1972; Holt 2006) , and trailing contextual sounds (Massaro 1975; Pastore, Gaston, et al. 2008; Pastore and Gaston 2012) . Further, when listeners are asked to categorize frequency glides that vary along two dimensions, different listeners adopt qualitatively different categorization strategies (Holt and Lotto 2006) . All of these examples represent only very modest increases in stimulus complexity; real-world sounds are generally much more complex.
Human speech perception probably represents the most extensively studied class of complex sounds, and much of speech research has been psychophysical in nature (Pisoni and Remez, 2005) . As a result of this extensive research, the state of understanding for speech perception is fairly mature, especially for the perception of segmental speech (i.e., phonemes). Segmental speech stimuli are complex and vary along multiple dimensions, but importantly, no single dimension is invariant. Rather, listeners capitalize on patterned variability such that variability serves as a cue to accurate categorization decisions most of the time (Raphael 2005; Cleary and Pisoni 2008) . Generally, accurate categorization requires use of multiple cues, and like tonal stimuli, different listeners tend to use different cues for categorization (Raphael 2005) .
Compared with segmental speech perception, the body of environmental sound perception research is quite modest, and has not had the benefit of such an extensive history. Even so, there are indications that similar general principles hold true across these classes of sounds. For example, Pastore, Flint, et al. (2008) modeled individual listener performance for judgments about the sounds of human walkers and found that no single acoustic property could predict the high levels of performance exhibited by some listeners. Rather, the high performance observed required the use of multiple acoustic cues. Moreover, modeling of individual listeners' use of information demonstrated that use of specific acoustic cues varied widely across individuals, and individuals would often use suboptimal cues.
Even though similar general principles may apply across speech and environmental sound perception, the information relevant to each sound class can be very different. Although very complex, the range of speech sounds is constrained by the articulation of the vocal tract (Denes and Pinson 1993) ; thus, despite the availability of numerous cues, the available information is still somewhat constrained. In contrast, environmental sounds as they are defined here include naturally occurring nonspeech, nonmusic sounds, and thus represent much wider variation in the types of acoustic cues that may be important for perception, while a supporting literature investigating the possible cues to environmental sound perception remains sparse.
Environmental Sound Perception Research Methods
To study perceptual decisions under realistic conditions, researchers have accepted that many sources of variability are uncontrollable and unquantifiable. Thus, much of the research in environmental sound perception has high ecological validity, but little ability to generalize given the lack of experimental control over experimental variables. One way to improve experimental control while continuing to use ecologically valid stimuli and methods involves applying psychophysical approaches to environmental sounds. This approach involves determining what physical properties map onto perception, and ultimately how that mapping influences performance on behavioral tasks. For example, Gygi et al. (2007) conducted a broad sound classification study based on listener-generated similarity judgments and examined the correlation of acoustic cues to those judgments. In this study, listeners were presented with all possible pairs of 100 environmental sounds, representing 10,000 observations for each participant. For each pair of sounds, listeners rated how similar they thought the samples were, on a scale of 1 to 7. These similarity ratings were then subject to a multidimensional scaling (MDS) analysis. MDS is a multivariate statistical technique that provides a Euclidean distance mapping of an input distribution (in this case based on stimulus dissimilarities) that can be used to estimate perceptual space (Young 1987) ; this mapping can be constructed using single or multiple dimensions, though in practice, solutions using more than 3 dimensions can be very difficult to interpret. Similarity, then, is based on Euclidean distance between stimulus items in the solution.
Pair-wise ratings are not the only way to generate similarity matrices for analysis using MDS. Aldrich et al. (2009) found that listeners generated very similar MDS maps for similarity matrices generated via sorting tasks as matrices generated by sequential pair-wise comparisons. The characterization of subjective similarity among items is only one of several important aspects to consider in determining the relationship between complex signals such as environmental sounds and how they are perceived. Gygi and colleagues measured the acoustic properties of each of the 100 sounds included in their study to support the interpretation of the relevant dimensions in the MDS solution. They found that the similarity among items in their sound set could be explained by a 3-dimensional MDS solution where dimension one mapped onto pitch salience and modulation spectrum and dimension two was primarily spectral with spectral centroid and deviation accounting for the greatest percentage of variability. Dimension three captured spectral-temporal complexity, specifically total duration and envelope shape (e.g., bursts, autocorrelation peaks, and standard deviation). The approach of combining objective acoustic measures with subjective similarly ratings can also be applied such that it is predictive of performance on identification, discrimination, or other behavioral tasks. Gaston and Letowski (2012) demonstrated that estimates of listener perceptual space using MDS were predictive of listener recognition of weapon type from the sounds of small-arms fire.
While these examples provide important insights into the relationships between the physical world and perception, this information is incredibly labor intensive to generate. In addition to the general task of designing a targeted, balanced, and well-controlled behavioral study, each environmental sound study requires careful sound source selection, stimulus norming, and stimulus editing (sometime professional-level sound editing expertise is needed). At one level, there is a clear need to reduce the burden of generating environmental sounds for research. At another level, a common well-documented database of environmental sounds for research would help provide consistency and generalizability across research studies.
Scope of the Current Project
Environmental sound researchers have accepted that everyday sounds are complex and there is significant uncontrolled variability. One way to overcome this issue is to document the variability present within a complex signal. Across the last few decades, prominent environmental sound researchers have suggested that a database of environmental sounds would be a powerful research tool, particularly in addressing the concern of complex and highly variable signals. Despite this overwhelming awareness, little work has been done to develop such a tool. Some researchers have established websites to share their sound resources; however, with these stimuli little if any documentation on their origin, construction, or quality is provided. Gygi and Shafiro (2010) proposed a set of guidelines to be implemented in the DESRA (database for environmental sound research and application). Yet, nearly 5 years later Gygi and Shafiro have not made any of their resources publicly available or published a searchable database of environmental sounds. This is not to say that such a broad and complex task should be achieved in 5 years' time; the purpose of this statement is to simply demonstrate that this task has not yet been undertaken or achieved. Gygi and Shafiro (2010) suggest that at a minimum, a database of environmental sounds should include information on the sound familiarity or prevalence in "everyday" listening environments. The exact form this metric takes is a matter of debate. Ballas (1993) and others have developed measures similar to word frequency for environmental sounds; however, other measures such as identifiability or familiarity (Bonebright 2001 ) may also be appropriate. Other qualitative aspects of environmental sounds may also be appropriate metrics for sound classification, particularly when building a database. As user query behavior is likely driven by some of the same qualitative information as classification tasks in the auditory domain, other qualitative aspects of environmental sounds may also be appropriate metrics for sound classification, particularly when building a database.
In addition to the qualitative/subjective features, physical/objective measures also need to be documented. These measures should at a minimum include waveform statistics such as sample and bit rates, peak and RMS amplitude, duration, number of channels, as well as information about the microphone used, and its relationship to the sound source (i.e., distance and orientation). Further, contextual information, such as where and under what environmental conditions the recording occurred would be very useful. Documentation of these details would provide consistency of resources across research groups, and save significant time, in addition to being consistent with best practices and American National Standards Institute (ANSI) standards (ANSI S1.13 2005). Contextual information provides more than acoustic details; it may also facilitate in the future functionality of the database in terms of search and usability. Users do not search without purpose; search is initiated by information need (Ruthven et al. 2003) . In the case of a sound database for research, information need would be reflected in a user's desire to find a large set of sounds belonging to a particular subclass or a user's need to find a sound that fits into a particular background or context. Thus, the organization and classification of such a broad class of environmental sounds is critical. Environmental sounds can be classified at numerous levels, from contextual hierarchies to feature-level descriptions. Gaver (1993) points out that there is no consistent classification scheme in place in commercially available sound libraries; the typical sound effects library contains a range of descriptive levels. To maximize successful classification but also optimize search results in terms of relevance and appropriateness, sounds within a database should be consistently characterized in terms of contextual, hierarchical, and dimensionally based (featural) information.
Sound Library Documentation
The purpose of this section is to document the procedures for collecting and measuring the sounds included in the pilot version of the database.
Sample Selection and Collection
A literature review was conducted to make some initial determination of the extent to which work related to environmental sound perception was being conducted. Seven different research groups and 10 recent publications, including a book with a companion CD, were selected for evaluation. These selections were based on the availability of sound samples and access to normative data (see Appendix A for a list of the studies included in this report). While this is clearly not an exhaustive list, it does represent a wide range of methods and selection techniques, as well as a large sample of environmental sounds. Most of these sounds were available for download, and interested parties can obtain them by request to the author of this report (see Appendix B for the full list of sounds).
Inclusion Criteria
Each of the studies included in our survey list specify sample selection criteria that reflect the needs of that research (see Appendix A for brief descriptions of criteria). Additionally, across these studies, there are several variations of a definition for environmental sounds, making establishing broadly applicable selection criteria for a database somewhat difficult. As an entry point, the definition of environmental sounds used for this project is fairly conservative and consistent with the definitions given by VanDerveer (1979) , Ballas (1993), and Gaver (1993) . We define environmental sounds as 1) sounds specifically associated with, or produced by, a physical event or human activity and 2) sound sources that are common in the environment. Reproductions or sound effects (e.g., Foley sounds) are not included. The current sound library includes several human and animal vocalizations (e.g., male and female speech, dogs barking, bird calls), while these sounds are representative of many environments it is an open debate in the literature whether they are "environmental sounds" or if these vocalizations should be considered separately. Additionally, there are several samples of sounds generated by various musical instruments, while not uncommon in many environments, this distinct subclass of sounds has received substantial consideration apart from the environmental sound literature, and it is debatable whether these types of sounds should be included in a catalog of environmental sounds.
Not all of the sounds discovered during the literature review process were available for inclusion in the current sound library. Some researchers did not make their samples public, while others did not respond to requests to provide their samples. Only a few researcher groups provided their samples for this project. Samples from Melissa Gregg and Brian Gygi were provided through personal correspondence, and Marcell and colleagues published their catalog of sound samples on the web (http://marcellm.people.cofc.edu/confrontation%20sound%20naming/zipped.htm) as did Hocking et al. (2013) (http://www.imaging.org.au/Nessti). The sound library associated with this report includes all of the samples that were accessible at the time of this report. Of the 482 samples listed across the 10 studies, 310 samples were collected for inclusion in the sound library. Forty-seven additional sounds were recorded in the EAR facility and are also included in the library. Thus, the total number of samples in our sound library stands at 357. The quality standards for the recorded samples are documented in the next section.
Documenting the Samples
Consistent with the recommendations of Gygi and Shafiro (2010) , documented technical details include sample and bit rate information, number of channels in the original recording, file type, and any available microphone and contextual information (where and under what conditions the sample was recorded) that is important for characterizing complex sources, such as environmental sounds. A catalog for the sound library that lists the available technical and acoustic details available for each sample is currently in development and is available by request. This information will be useful to researchers interested in environmental sounds as it provides baseline data about the quality and origin of the sound samples included in this library. Many of the sound samples described in this report are available by request, and a full listing of the sounds evaluated is provided in Appendix B.
Recording Samples
All recordings were conducted in a hemi-anechoic chamber. All samples were captured at 44.1 kHz, 16 bit, using Adobe Audition 3.0, running on a laptop PC. The samples were captured using a G.R.A.S. sound and vibration 1/2-inch free-field microphone. Calibration of the microphone was accomplished using a G.R.A.S. 42-AA calibrator set (250 Hz at 114-dB sound pressure level).
Quality Standard for Recorded Samples
For all recordings, the primary concern was to eliminate, or at least minimize, any background noise or other sounds irrelevant to the sound source of interest. Thus, all of the sounds recorded at the US Army Research Laboratory were done in a hemi-anechoic chamber. Often it is not possible to record under these conditions. Rather, it is often necessary to make recordings in uncontrolled natural environments. In these cases, care should be taken to limit irrelevant noise and reflections as much as possible. If outdoors, large open grassy fields are essentially anechoic and can make ideal locations to record sound sources, especially during quiet times of the day. Recordings outdoors should never be performed when the wind is in excess of 15 mph, and a windscreen should be used to minimize any potential wind noise (ANSI S1.13 2005). Use of cardioid or hypercardioid microphones can also be used to help control background noise because they have a directional response pattern that limits sounds outside the cardioid response fields. These can be useful in reducing background noise as well as sound reflections that fall outside of the response field of the microphones.
Discussion
One aspect of environmental sound perception that is noticeably absent from this discussion and from the current instantiation of the database is quantifying top-down influences such as semantic-or expertise-related effects on perception. This lack of focus on semantic or categorization issues was intentional and related to how the forthcoming database and its search algorithms will be structured. We allude to the important contribution of top-down factors such as semantic information, user goals, and source familiarity in our brief discussion of factors influencing the initiation and satisfaction of search. There are 2 important aspects in describing the top-down influences; what are the influences for the end user and what are the influences for the listeners presented with sources obtained from the database. There is some recent evidence that the user-generated (researcher-generated) categories are highly similar to the categories generated by listeners in environmental sound perception studies (Aldrich et al. 2009 ).
Each source has a file name that provides a semantic-or category-level label. When these samples are transitioned from their list into the database, each file will have several semantic tags, where high frequency words (e.g., keywords) synonymous with the file name will be listed. This will enable researchers who use the database to search for samples based on a fairly broad conceptualization of what that particular sample represents.
Conclusions and Recommendations
We expanded on the work of Gygi and Shafiro (2010) by exploring the notion of a database and development of criteria and quality standards for such a resource. Developing a sound database for research is a complex multifaceted task that involves measurement and classification of sounds used in previous research as well as the capture of samples that could not be found or that have not been included in studies up to this point but are clearly representative of the environment we are attempting to represent with this catalog.
Current project efforts have led to the development of a set of sound files associated with the Excel catalog and both are available by request (see Appendix B for the full list of sounds). However, this media is neither dynamic nor in a format that is easy to distribute. The next step in this project is to develop a searchable database where sounds are defined by multiple attributes at multiple levels. Finally, we would like to make this database and its established quality standards publicly available such that the research community could download any of the samples, or upload samples that meet the quality standards but are absent from the database.
The 10 studies mentioned in this report represent a sample of high-impact publications on environmental sound perception. The primary research questions for each of these studies are different. Thus, the source inclusion and evaluation criteria are different for each study. Further, these studies span 2 decades of research, and as such, the source measurement techniques span a wide range of standards and technologies. The purpose of this appendix is to summarize the inclusion criteria for the sound samples present in each study to provide the reader with some metric of the quality standards applied to sounds included in the report's sound library. Further, while a broad and extensive literature review is beyond the scope of this paper, some background on the methods of environmental sound research may be helpful to some readers.
A.1 Ballas (1993) 1
Forty-one sounds were selected as subjectively good representations of the events causing the sound and to be either easy or hard to identify. The sounds included signals, sounds characterized by some sort of modulated noise, and sounds involving multiple mechanical transients and sounds of discrete impacts. Sounds were tested for discriminability in ABX (samedifferent) task and were 99.8% discriminable. Several previous studies reported a link between average spectral properties and perceptual performance. Ballas computed average acoustic properties including duration, average magnitude, peak magnitude, power, fast Fourier transform (FFT) spectrum and 1/3 octave bands. Moments of the FFT spectrum were also computed. Further acoustic analyses were conducted based on examination of sound spectrographs. Ballas examined the spectrographs to find spectral-temporal properties that would be related to identification performance. Prospective properties included harmonics, continuous spectral bands, spectral similarity of bursts, spectral width of bursts, and spectral shifts within bursts. Temporal properties were also calculated, specifically, the number of bursts in the sound file, the durations of the bursts, and the ratio of burst duration to total duration. The bursts were defined by envelope modulation rather than gap duration because several sounds had perceptually distinct bursts even though the amplitude envelope did not include distinct gaps of silence.
A.2 Bonebright (2001) 2
Seventy-four sounds made by common objects were selected for inclusion in this study. Forty-one of these were used previously in Ballas 1 . The remaining 33 sounds were selected from a list generated by 5 independent raters as representative environmental sounds. The vast majority of the samples were recorded and digitized by Bonebright's laboratory staff. However, some sounds were selected from compact disk sound effects libraries. The specific sound effects library is not listed in this report. Bonebright reports that the sounds included in the 2001 study were sampled at 8 bits, 22.3 kHz, and the mean sample duration was 1,539 ms (range = 75.5-4714 ms). Bonebright's group conducted several acoustic analyses including average intensity (measured by energy flux density divided by the duration of the sound), changes in frequency (measured as differences between the upper and lower frequency in the sound), and changes in time (duration of the sound in seconds). There were several measures of intensity, specifically, changes in intensity, measured as "intensity in Hz from one end of the sound to the other", amplitude ceiling (highest amplitude level in the sound), dynamic range (the difference in amplitude floor and ceiling), peak intensity, measured as "maximum intensity/Hz" and peak frequency (the frequency at which the highest amplitude occurs).
A.3 Gregg and Snyder (2012) 3
Fifteen common environmental sounds, including human and nonhuman animal vocalizations, were included in this study. All of these sounds were matched for mean amplitude, filtered for noise, and on/off ramps were added to avoid abrupt transients. Sample rate and duration information is also available for this set. No additional normative data are included.
A.4 Gregg and Samuel (2008) 4
Eighteen common environmental sounds gathered from various online sources were included in this study. The specific web site sources were not mentioned. Speech from a female and a male speaker was recorded as they produced a single sentence and a sentence where all the syllables were replaced with "ma". The sentence that the speech samples were extracted from is not listed in this report. Speech samples were recorded in a sound-attenuated chamber.
All sound samples were digitized to 44.1 kHz and filtered using a noise reduction procedure custom generated for the specific spectral envelope of each stimulus. All samples were truncated to 1,000 ms and included a 10-ms linear on/off ramp to avoid abrupt onset and offset. The stimuli were matched for RMS (root mean square) amplitude to roughly equate for loudness differences.
A.5 Gregg and Samuel (2009) 5
category. A subjective similarity rating study was used to select the tokens for each category that were maximally dissimilar. This procedure yielded a down-selected set of 24 sound sourcesspecifically, 12 highly dissimilar token pairs.
All stimuli were digitized to 44.1 kHz and filtered using a noise reduction procedure custom generated for the specific spectral envelope of each stimulus. All samples were truncated to 1000 ms and included a 10-ms linear on/off ramp to avoid abrupt onset and offset. The stimuli were matched for RMS amplitude to roughly equate for loudness differences. Acoustic distinctiveness was measured via analysis using Praat developed by Boersma and Weenink 6 . Measures of harmonicity (mean about of acoustic periodicy in the signal) and pitch (f0) were also included. The f0 measurement was the spectral mean and for sounds that were more aperiodic, f0 was computed by averaging the f0 measurement through the duration of the signal.
A.6 Gygi, Kidd, and Watson (2007) 7
Fifty sounds, down-selected from 70 used in an earlier Gygi et al. study, 8 were included in this study. This sample of environmental sounds is described by the study authors as "nearly perfectly identifiable". The authors go on to say that efforts were made to create a representative sampling of different types of meaningful sounds encountered during everyday listening and that this effort was based in part on the work from Gaver 9 . The particular sound categories included in this sample include nonverbal human sounds, animal vocalizations, and machine sounds. These sounds were of various weather conditions and some sounds were generated by human activities. Two tokens for each source event were selected. To reflect the range of sounds associated with a given source even or event class, tokens were selected to be maximally acoustically distinct. Sound sources were obtained from a "high-quality commercial sound effects recordings (Hollywood Edge and Sound FX The General)". Sounds were sampled at 44.1 kHz and roughly equated for loudness using RMS amplitude normalization. The mean duration of sound samples was 2,300ms (range = 579-3,945 ms).
The purpose of this study was to map out similarity space for a set of listeners, thus, subjective similarity ratings were paired with a suite of acoustic analyses. Gygi et al. 7, 8 included several envelope measures (long-term RMS/pause-corrected RMS, number of peaks, number of bursts, burst duration, total duration, and roughness; measured as burst duration over total duration). As well as autocorrelation statistics (number of peaks, maximum peak, mean peak and the standard deviation [SD] of the peaks); these autocorrelation statistics capture periodicities in the waveform, correlogram-based pitch measures (based on Slaney, 10 including mean pitch, median pitch, SD pitch, maximum pitch, mean pitch salience, and maximum pitch salience). Moments of the spectrum were also computed (mean-centroid, skew, and kurtosis). Additionally, RMS energy in octave wide bands from 62 to 16,000 Hz, spectral shifts in time, cross-channel correlations, spectral flux, and modulation spectrum statistics were measured. Gygi's 7, 8 stimuli are by far the most extensively documented samples, which is important considering that their sound set was drawn from a commercially and widely available library.
A.7 Hocking, Dzafic, Kazovsky, and Copland (2013) 11 The purpose of this study was to provide normative data for a large set of environmental sounds. Hocking et al. included the subjective/behavioral measures of response latency, identification accuracy, categorization, familiarity, confidence, token representativeness, various affective ratings, and imageability or concreteness. This study included 110 sounds downloaded from <www.sounddogs.com> and <www.freesound.org>. The sample included equal numbers of living and manmade sources from 9 conceptual categories. All sounds were normalized to 1,000 ms and 16-bit 44.1-kHz sample rate. Sounds were normalized using Audacity, which is open source sound editing and analysis software comparable to Adobe Audition. These sound files are available for download from <http://www.imaging.org.au/Nessti>. Also included at this web address are measures of concept-based frequency measures, specifically Hyperspace Analogue to Language frequency (HAL) norms as well as counts of the number of phonemes, syllables, and the harmonics-to-noise ratio measures. These sound samples are also included in the sound library embedded in this report. Hocking et al. provides the most comprehensive subjective norming of all the studies included in this report; however, their samples, while available, do not include sufficient acoustic analyses.
A.8 Houix, Lemaitre, Misdariis, Susini, and Urdapilleta (2012) 12 This study provided a detailed lexical analysis of 60 environmental sounds. Based on free identification, sorting, and subjective rating tasks, Houix et al. produced a taxonomy of environmental sounds similar to the original taxonomy proposed by Gaver 9 . The Houix taxonomy had 4 primary categories: liquid, solid, gasses, and machines. Further, listener ratings revealed that the temporal patterning-specifically, the impulsivity or continuousness of a sound-influenced its position within the taxonomy. All sounds were presented at an ecologically adjusted level, such that they were heard at a level that was expected and familiar. Further, all sounds were sampled at a 16-bit resolution at 44.1 kHz. 14 Many of the sounds were edited from the original samples including truncating length, or increasing length, reducing, increasing, or normalizing volume, removing extraneous noise, and applying on/off ramps. Marcell et al. did not include specific details on the editing techniques applied to their samples; however, their entire list of 110 sounds is available on the web at <http://marcellm.people.cofc.edu/confrontation%20sound%20naming/zipped.htm>. These samples are also included in the sound library embedded in this report. Subjective norming is a strength of this sample, but, as with Hocking et al., 11 no meaningful acoustic analysis has been conducted to provide a mapping from subjective to objective measures.
A.10 Truax (2001) 15
The disc included with the 2001 publication Acoustic Communication 2nd edition contains 158 sounds that are described at various points within the text. These sounds are meant to serve as examples for different types or classes of environmental sounds. Unfortunately, there is limited information on the origin or the acoustics of many of these samples. 
